A modified Bessel filter for amplitude demodulation of respiratory electromyograms. J. Appl. Physiol. 84(1): 378-388, 1998.-We studied a device that is commonly used for amplitude demodulation of respiratory muscle electromyograms (EMG). This device contains a rectifier and a low-pass filter called a modified third-order Paynter filter. We characterized this filter and found that it has good transient characteristics that suit its task as an EMG demodulator, but it has poor high-frequency attenuation that passes interfering, higher frequency components to the output waveform. Therefore, we designed and constructed a new filter with transient characteristics that are comparable to those of the modified Paynter filter but with superior high-frequency attenuation. This new filter is a modified seventh-order Bessel filter. We also identified a simple technique to convert an existing modified Paynter filter back to an original Paynter filter. The original Paynter filter has a wider pass band than the modified Paynter filter but superior stop-band attenuation.
IN MANY PHYSIOLOGICAL investigations, the electromyogram (EMG) is recorded as a complex signal, but only the total electrical activity, ideally reflecting global activity in a pool of motor neurons of the muscle, is of interest. In these cases, it is common to process the raw EMG signal with a device called a moving averager. This device produces an output signal that tracks a scaled version of the envelope of the raw EMG signal. This process is called amplitude demodulation. This processing technique is desirable, because when the slow-output waveform is digitized it requires much less storage space than the original raw signal. More importantly, the output waveform is readily interpretable as a continuous indication of the total electrical activity of the muscle. A moving averager is commonly constructed around a filter called a modified Paynter filter. We studied the properties of this filter and found that it has poor high-frequency attenuation. This permits higher frequency signal components to pass through to the output-demodulated waveform as interfering noise. Therefore, we designed and constructed a new filter to replace the modified Paynter filter and compared the performance of these filters.
The apparatus for amplitude demodulation consists of two major parts: 1) a precision full-wave rectifier, which mathematically generates the absolute value of the raw signal, and 2) a low-pass filter, which smoothes the jagged edges of the rectified signal. This creates a new signal representing the envelope of the original raw signal. The choice of low-pass filter for smoothing entails a trade-off between smoothing efficiency and sensitivity for genuine change in amplitude. The structure and implementation of the filter are not important, but the transfer function that describes the dynamic behavior is vital. Such a filter can be implemented with analog or digital circuitry.
A filter that has become a standard for EMG signal processing is often referred to as the Paynter filter, but it is better described as a modified, third-order, linear phase shift filter (13) , here referred to as the ''modified'' Paynter filter. Use of this filter for EMG processing was proposed by Gottlieb and Agarwal (10) in 1970 and by Kreifeldt (12) in 1971. This filter has become a standard for EMG signal processing.
The design of the modified Paynter filter is recorded in an applications manual that was published as a promotional aid for an electronic amplifier manufacturer (13) . The modified Paynter filter is derived from a simpler filter called a third-order delay line filter, which we will call the ''original'' Paynter filter. The original Paynter filter is a low-pass filter with a phase response that is approximately linear throughout the pass band, which means that the time delay is approximately constant for all pass-band frequencies 
where T(s) is the output-over-input voltage transfer function of an original Paynter filter, R is resistance, C is capacitance, and s is a complex frequency variable. The original Paynter filter of Eq. 1 was altered by placing a transmission zero pair at frequencies of plus and minus 1/RC radians per second, which results in the transfer function in Eq. 2, which in turn describes the modified Paynter filter
Schematics of single-amplifier implementations of the original and modified Paynter filters are shown in Fig. 1 . Transfer functions in Eqs. 1 and 2 have a negative sign, because they are implemented around a single inverting amplifier. However, when placed in a circuit, another inverting amplifier that cancels the negative sign typically follows them. Therefore, a characterization of these transfer functions can omit the negative sign. Figure 2 shows a complete characterization of both Paynter transfer functions as well as our new, modified Bessel filter, which is the subject of this report.
In Fig. 2 we consider the responses of the modified and original Paynter filters. The magnitude responses are shown with a linear ( Fig. 2A) and a logarithmic scale (Fig. 2B) . The phase-delay function is shown in Fig. 2C . We calculated the delay function from the phase response as phase divided by frequency. The modified Paynter filter has a clear discontinuity in the magnitude and delay responses at the notch frequency of 1/RC radians per second. The transmission zero pair has a large impact on the magnitude response. In the pass band, which is below the 1/RC notch frequency, the modified filter has a faster roll-off, but in the stop band there is an unfortunate rebound in transmission that peaks at ϳ1.5 times the notch frequency. The magnitudes of the filters cross at ϳ1.4 times the notch frequency, beyond which the original Paynter filter has higher attenuation than the modified Paynter filter. The logarithmically scaled magnitude plot in Fig. 2B shows that the rate of attenuation of the original Paynter filter is 60 dB/decade, but the addition of the transmission zero pair reduces the rate of attenuation of the modified filter to just 20 dB/decade.
The addition of the notch does not affect the phase or delay of the filter below the notch frequency. Therefore, the modified and original Paynter filters have identical phase and delay responses in the pass band. Figure 2C shows that the delays of both filters are approximately constant, but there is some ripple in the delay. This equiripple delay response of the Paynter filters contrasts with the delay response of the Bessel or Thompson filter, which is maximally flat (16, 18) .
The modified Paynter filter approximates an idealized moving-average window filter, which has an output that represents the average of a signal over some time period (T). In pursuit of a better and more selective filter than the first-order low-pass filter, the perfect moving-average filter was considered to be an ideal solution (9, 10) 
The operation of such a filter is described by Eq. 3, where x and y are input and output functions, respectively. By constructing a modified Paynter filter with a notch frequency of 1/T Hz, a perfect moving-average filter with a window of T seconds is approximated (13) . The modified Paynter filter has been widely used, because it approximates a moving-average filter (10, 12) , which is why amplitude demodulators with modified Paynter filters are often called moving averagers. Real moving averagers typically have a selection of filter settings that correspond to a selection of different notch frequencies.
FILTER REQUIREMENTS
Although the filters in some amplitude demodulators do approximate a perfect moving-average filter, is the perfect moving-average filter a worthy ideal to model?
What features are desirable in a demodulation filter? Obviously, a low-pass filter should pass low frequencies and reject high frequencies, but to what degree should the rejected signals be attenuated? After rectification, a signal becomes harmonically rich, because at every zero crossing in the original signal there is a high-speed change of direction in the rectified signal. This means that the high-frequency components that need to be removed are similar in amplitude to the low-frequency components of the signal. Choosing the required amount of attenuation of these large-amplitude, high-frequency components requires a judgment, but if we assume that the filtered signal will be digitally sampled, we can generate a practical number. To reduce an unwanted component to Ͻ1 least significant bit in amplitude on a 12-bit analog-to-digital conversion system, we require attenuation of 2 12 or 4,096 times, which is 72.2 dB. The perfect moving-average filter and its approximation, the modified Paynter filter, have an ultimate roll-off that is first order, which is 20 dB/decade. This means that 72.2 dB of attenuation are achieved at about four decades above the edge frequency of the filter. The region beyond the 1/T notch should be considered the stop band of these filters. However, the side lobe of the modified Paynter filter rises to 0.1, which is an attenuation of only 20 dB, and the perfect moving-average filter rises to 0.2, which is an attenuation of only ϳ14 dB. Ironically, the approximation of the moving-average filter actually has preferable performance in this regard. Clearly, the rectangular or perfect movingaverage filter is poor in terms of stop-band attenuation.
Step response is the next important criterion, because the output of the filter is the value we are using to quantify the EMG amplitude. Significant overshoot in the step response is not acceptable, because this will add artifactual peaks to the output signal that may be misinterpreted as being physiological. Overshoot should be considered a type of noise (12) . It is preferable to have a sluggish rise and even lose some signal rather than generate new signal features. The step responses of the original and modified Paynter filters are shown in Fig. 3 . The original filter has ϳ2% overshoot, and the modified filter has essentially none; these are acceptable values.
Delay is the next important criterion. EMG amplitude demodulators are used to monitor onset and cessation of muscle activation. The low-pass filter will cause delay of signal, but we can compensate for this if 1) the delay time is similar for all frequencies and 2) we know the value of the time delay. Delay is phase lag divided by frequency, so linear phase implies constant time delay. The original and modified Paynter filters are approximately linear phase filters with an approximately constant delay (Fig. 2C) . A convenient feature of these filters is that the delay is times the RC time constant value. A filter with a normalized 1/RC frequency of 1/1 rad/s or 1/(2) H2 will have a delay of or 3.14 s. This is convenient, because a Paynter filter with a time constant of 100 ms will have an approximately fixed delay of 50 ms for which we can readily compensate. Thus the original and modified Paynter filters have excellent phase properties that make them ideal filters for EMG demodulation. Unfortunately, these filters have poor stop-band attenuation. The original Paynter filter has a third-order roll-off, but the addition of the transmission zero pair in the modified Paynter filter reduces the roll-off to first order. The benefit of the conveniently placed transmission zero pair comes at the cost of a rebound in stop-band attenuation. The transmission zero pair of the modified Paynter filter drastically reduces attenuation, because the overall degree of the filter is low: only third degree. However, if a filter with higher-order attenuation is used initially, then high and rapid attenuation can be achieved. This was the approach we used in this project. We used a seventh-order Bessel transfer function with three transmission zero pairs, which we call a modified Bessel transfer function. This generates a filter with passband characteristics comparable to the modified Paynter filters but with far greater stop-band attenuation. We constructed and tested an analog version of this filter and compared its performance with that of the modified Paynter filter.
METHODS
Filter design, construction, and characterization. The filter design process was carried out in three steps: 1) to find a transfer function that approximated the desired response, 2) to generate a prototype filter design from the transfer function, and 3) to design a practical filter that matches the performance of the prototype filter.
The first two steps of the design process, transfer function approximation and prototype generation, were done using the filter synthesis computer software package FilSyn (17) . With this package, we chose to design a seventh-order, linear phase low-pass filter with a maximally flat delay and an equiripple stop band. The filter is specified by the low-frequency delay and the stop-band edge; we selected a low-frequency delay of 6.28 s, which corresponds to the normalized frequency of 1 rad/s or 0.159 Hz. With a specified delay, there is a direct relationship between the stop-band edge frequency and the amount of stop-band attenuation. To meet our specified minimum stop-band attenuation of 73 dB, the stop-band edge frequency was set to 1.6 rad/s or 0.2456 Hz. This achieved a minimum stop-band attenuation of 74.5 dB. The numerator and denominator roots of the transfer function are provided in Table 1 , and the polynomial coefficients are provided in Table 2 . The denominator polynomial is a seventh-degree Bessel polynomial (16, 18). The three transmission zero pairs of the numerator polynomial distinguish this filter from the familiar all-pole Bessel filter. Therefore, we call this filter a Numerator 0.0000000000000Eϩ00 Ϫ3.7601823614788Eϩ00 0.0000000000000Eϩ00 3.7601823614788Eϩ00 0.0000000000000Eϩ00 Ϫ2.0685545266188Eϩ00 0.0000000000000Eϩ00 2.0685545266188Eϩ00 0.0000000000000Eϩ00 Ϫ1.6434623070800Eϩ00 0.0000000000000Eϩ00 1.6434623070800Eϩ00
Values are rad/s. Fig. 2 , and the calculated step response and impulse response are shown in Fig. 3 . Next, we used the software to generate the component values for a 1-⍀ terminated inductance-capacitance (LC) ladder filter implementation of our modified Bessel transfer function. This intermediate filter design is the prototype design on which the active filter realization is based. The component values for the LC prototype are listed in Table 3 . This LC filter design has a minimum number of capacitors.
The final step in the design process was to create an active implementation that is functionally equivalent to the prototype LC filter. We chose an active filter implementation using frequency-dependent negative resistance (FDNR) elements (4). This is a standard active filter implementation (7, 15) of which the objective is to create an active filter structure without inductors that has the same transfer function as the prototype LC filter structure. An advantage of this method is that the final active circuit has low sensitivity to component variation, as does the prototype LC ladder filter (7). The prototype LC network is transformed to a network of equivalent function by multiplying all component impedances by 1/s so that inductors become resistors, resistors become capacitors, and capacitors become an element with a 1/s 2 impedance. An element with a 1/s 2 impedance is called an FDNR element and is labeled with the circuit symbol D. The second column of Table 3 lists the new names of the circuit components after transformation of the prototype LC filter to an FDNR filter structure. Figure 4A is a schematic of the transformed filter that has three FDNR elements: D2, D4, and D6. Each FDNR element is constructed from a twoamplifier circuit (Fig. 4B) , which is called a type 3 FDNR (6).
A problem with the transformed circuit is that the original load resistors (Rs and Rl) are transformed to capacitors (Cs and Cl). Consequently, there is not a direct current signal path from input to output. The solution to this is to put resistors in parallel with Cs and Cl (5). These low-frequency compensation resistors are labeled Ra and Rc in Fig. 4A . The addition of these low-frequency compensation resistors is equivalent to the addition of parasitic inductance in parallel with the load resistors in the prototype LC filter. This affects the network transfer function. Therefore, these resistors are chosen much larger than the network impedance level so that their parasitic effects are minimized. We simulated the transformed network response using a circuit simulation program (1). We tried several values of compensation resistance from 5 to 20 times the network impedance level. We found that low and high values of compensation seriously affected the delay function of the circuit, whereas intermediate values had a smaller effect. We used the amount of delay distortion between 0 and 0.8 rad/s as a criterion to chose the best level of low-frequency compensation. We found that a compensation value of 10 times had the least impact, with a total delay distortion of 4.3%. Therefore, a low-frequency Table 4 . The impedance level of each filter was chosen so that a single practical capacitor value could be used for all capacitors in the circuit. We used 1% resistors to match ideal resistor values as closely as possible. The value of each FDNR was adjusted by the appropriate selection of resistor DRx, where x is 2, 4, or 6. The other two resistors in each FDNR, which are labeled Drr, should be equal for best performance of the FDNR (6).
We used model TL082 (Texas Instruments) operational amplifiers for the FDNR circuits, because they are common and have ''field'' effect transistor input terminals, which have very-low-input bias currents. However, we encountered a stability problem with the amplifiers that was probably caused by capacitive loading of the amplifier outputs. This problem was solved by adding a 10-pF compensation feedback capacitor to each operational amplifier. These compensation capacitors are connected with dotted lines in Fig. 4B .
The filters were built using specially designed printed circuit boards with standard through-hole components. In addition to the filter, each board also had a full-wave rectifier and output offset and gain adjustment that constituted a complete amplitude demodulation system. Because these filters are a ladder structure, the maximum transmission amplitude is ϳ0.5 instead of 1. Therefore, each filter was followed by an amplifier with a gain of 2. This makes these new demodulators directly comparable to the modified Paynter demodulators that have a pass-band gain of 1.
For characterization of filter performance, the filter could easily be isolated from the rectifier and output offset and gain adjustments. The magnitude and delay response of the isolated filter were measured using a sine-wave function generator and a digital storage oscilloscope. Of particular interest were values of the transmission zeros.
Demodulator comparison and EMG recording. The new modified Bessel demodulators were compared with demodulators with modified and original Paynter filters. We obtained two commercial moving-average units (model MA-821RSP, CWE Instruments, Aardmore, PA). Each unit had four channels with rectifiers and modified Paynter filters. In one of the units, we converted each of the modified Paynter filters back to original Paynter filters by removing the 3C capacitor, which is next to the solid arrow in Fig. 1B . This disconnects the high-pass feedforward leg of the filter, which removes the 1/RC notch. On each unit we set the filter time constants to 20, 50, 100, and 200 ms. With 4 original Paynter, 4 modified Paynter, and 4 modified Bessel filter demodulators, we had a total of 12 amplitude demodulators for comparison.
We obtained EMG recordings from the parasternal intercostal and crural diaphragm muscles of an awake dog breathing room air and lying in the right lateral decubitus position. The project was approved by the Animal Care Committee at the University of Calgary. EMG from the parasternal intercostal was obtained from a pair of electrodes mounted at a fixed distance of 2 mm. The electrodes were placed between muscle fibers in the left third parasternal intercostal ϳ2 cm from the edge of the sternum. EMG from the crural diaphragm was obtained with a pair of fine wire electrodes sewn in line with the muscle fibers and placed ϳ10 mm apart. Implantation was performed under general anesthesia with thiopental sodium induction and halothane. The dog was fully recovered and EMG was recorded 60 days after surgery (11) .
The EMG was first amplified by 1,000 with a differential amplifier (AM Systems, Seattle, WA) and then filtered with a six-pole Bessel low-pass filter set at 500 Hz and a matching high-pass filter set to 25 Hz. The EMG was further amplified 100 times and then fed simultaneously into the 12 amplitude demodulators. The 12 demodulated signals, along with electrocardiogram and inspiratory airflow, were sampled at a rate of 1 kHz by an MS-DOS-based personal computer equipped with a 12-bit analog-to-digital conversion board (National Instruments, Galveston, TX). The raw EMG signal and one of the demodulated signals were sampled at a rate of 10 kHz on another computer equipped with an identical 12-bit analog-todigital conversion board. Data were sampled using dedicated data-acquisition software (Data Sponge, BioSciences Analysis Software, Calgary, AB, Canada). We obtained measurements during normal resting and CO 2 -stimulated breathing.
Our first analysis was to compare different types of demodulated signals by generating strip charts of the data and inspecting the waveforms. We compared the signals before and after shifting them back by their respective time delays. Software for computer processing and analysis was written in C and Cϩϩ and operated under Windows 95 on a personal computer. Modified Bessel filter signals were shifted by a number of samples equal to their time constant, and Paynter filter signals were shifted by an amount equal to one-half their time constant. Demodulated signals were compared directly by plotting time-corrected versions of the signals close together on a strip chart for inspection.
We compared the 100-ms demodulated signals by power spectrum analysis. Power spectra of the demodulated signals were estimated by averaging power spectra that were computed from 256-point Fourier transforms using a Blackman window. This corresponds to a time segment of 256 ms, which was designed to quantify the differences in higher-frequency components in the signal and avoid the basic respiratory frequency. The power spectrum estimates were compared visually.
To investigate possible differences in physiological interpretation with the different demodulators, we plotted the relationship between each of the three 100-ms demodulated EMGs and airflow. These demodulated signals were time corrected. From each demodulated signal, points were selected every 10 ms during inspiration. Cardiac interference was eliminated by detecting the position of cardiac potentials from the electrocardiogram signal and omitting data points in that region. These three plots were compared visually to determine whether different physiological interpretations might be made with the different filter types.
RESULTS
Filter performance. Figure 5 shows the simulated and measured performances of the modified Bessel filter. The simulated magnitude response curve of the transformed network (lines in Fig. 5, A and B) closely matches the original transfer function magnitude response curve (Fig. 2, A and B) . The simulated delay response of the transformed network (line in Fig. 5C ) is marginally less smooth than the delay response of the original theoretical transfer function (Fig. 2C) . The actual performance of the real transformed filter (triangles in Fig. 5 ) closely matches that predicted by computer simulation.
Demodulator performance. Figure 6 is a strip chart with a raw EMG of a parasternal intercostal muscle and several demodulated forms of that signal. Demodulated waveforms derived from all three types of filters with 50-and 100-ms time constants are shown. These signals are shown as recorded originally and after time correction for their different time delays. A vertical line is drawn through the cardiac impulse that appears in the EMG. The cardiac impulse appears in the demodulated signals and is delayed in all the signals that were not time corrected but is properly synchronized in the signals that were time corrected. The corrected signals were shifted by the amount predicted theoretically, with the modified Bessel filter having twice the delay of both Paynter filters. For example, the 100-ms modified Bessel filter was shifted back 100 ms and the 100-ms Paynter filters were shifted back 50 ms.
Inspection of the time-corrected traces in Fig. 6 shows that the modified Bessel filter produces the smoothest tracing with the least high-frequency noise yet contains the same low-frequency features as the modified Paynter filter. The original Paynter filter has more low-frequency features than the other two filters.
Power spectra of the demodulated signals are shown in Fig. 7 . The modified Bessel filter has pass-band behavior similar to the modified Paynter filter but superior stop-band attenuation. The original Paynter filter has a wider pass band. Figure 8 shows each of the three 100-ms demodulator signals plotted against inspiratory airflow. This analysis was done using timecorrected demodulated signals. The modified Bessel filter has less variance than the modified Paynter filter, clearly showing the relationship between airflow and EMG.
Tracings of crural EMG during normal breathing and during CO 2 rebreathing with an end-tidal CO 2 of 6% are shown in Fig. 9 . Time-corrected 100-ms modified Bessel and modified Paynter waveforms are shown. The modified Bessel filter has the same low-frequency features as the modified Paynter filter but less highfrequency noise.
DISCUSSION
In summary, we characterized the modified Paynter filter and showed a constant time delay that is one-half of the rated time constant. We also demonstrated that the modified Paynter filter has poor high-frequency attenuation, degrading its performance for physiological application. Therefore, we designed and constructed a set of modified Bessel filters that can be used as replacements for the Paynter filter. These filters have similar pass bands, superior stop-band attenuation, and a time delay that, although double that of the Paynter filters, is nearly constant and can be easily corrected. Although these filters are more complex than the Paynter filter, the increased consistency for quantitative EMG justifies the modest additional expense and effort.
The original Paynter filter has better stop-band attenuation than the modified Paynter filter, but it has a wider pass band. We demonstrated a simple modification (Fig. 1B) to return the modified Paynter filter to the original Paynter filter to reduce high-frequency noise but widen the pass band.
Filter description using time delay. We have chosen to classify our new filter using its time delay. Usually, low-pass filters are identified by critical frequencies in their magnitude response. For example, the Butterworth filter is identified by the critical frequency at which the transmitted power is one-half that of the input signal. This frequency is called the cutoff frequency. However, this may not be the most useful way to classify the modified Paynter filter or the modified Bessel filter, because these filters have pass bands that taper. Conventional filters like the Butterworth, Chebychev, and elliptic have pass bands that approximate, to some degree, a rectangle, but the modified Paynter filter and the modified Bessel filter have pass bands with a triangular shape. They have a disproportionate amount of signal transmission above the one-half power frequency, because the one-half power frequency occurs so early in the pass band. Therefore, the one-half power frequency is a poor way to classify these filters.
The modified Paynter filter is conveniently described by its notch frequency, but this is not appropriate for (18) . A normalized (1 rad/s) N-pole Bessel filter has a delay of N s. Our filter is based on a normalized seven-pole Bessel filter, which has a time delay of 7 s. However, this would have made the time delay a cumbersome number for any denormalized filter, so our normalized filter is actually based on a slightly denormalized seven-pole Bessel filter that approximates a time delay of 2 or 6.28 s. The normalized third-order Paynter filter was defined similarly; it approximates a delay of or 3.14 s. The magnitude responses of the modified Paynter filter and the modified Bessel filter with the same time constant are similar. This classification system is important, because it provides a description of the modified Bessel filter in terms of time delay that is similar to the established standard description of modified Paynter filter performance.
Analog implementation. It is noteworthy that we have chosen to design and construct analog filters when digital signal-processing techniques are becoming common. However, the choice between analog and digital technology is only a choice of implementation. Comparable filter types can be built using either type of technology. For example, it is possible to design an infinite impulse response filter with characteristics that match the analog version we have described. Whatever the implementation, the particular characteristics of the filter are important. One filter that is easily implemented digitally is the moving-average window filter. This is done by computing successive averages over a fixed number of data samples (3). However, the moving-average or rectangular window filter has poor stop-band attenuation, which makes it a poor low-pass filter for EMG demodulation, because higher-frequency components will leak through. Careful analysis should be applied to digital and analog filter design.
There are many scenarios in which analog EMG demodulation is practical. If EMG processing is done digitally, the raw signal has to be sampled at a high rate and stored in large quantities or processed in real time as it is acquired. Both have an associated cost. Either large amounts of storage media are necessary or sophisticated digital processing hardware is needed. If an analog processor is used, however, the processed signal can be directly stored at a relatively slow sample rate.
Time delay correction. A linear phase filter has a constant time delay. The Paynter and Bessel filters have approximately constant time delay; the plot of time delay vs. frequency of the Paynter filter has small ripples, whereas that of the Bessel filter is maximally flat. Filters with stop-band zeros that are based on these linear phase filters inherit these desirable phase properties. This important property keeps the signal from being distorted when different frequency components are shifted relative to each other. However, the introduction of a time delay may have to be addressed in some applications. The modified Paynter filter has a time delay that is one-half of the time constant, and the modified Bessel filters that we designed have a time delay that is equal to the time constant. A 100-ms Paynter filter has a 50-ms delay, whereas a 100-ms http://jap.physiology.org/ modified Bessel filter has a 100-ms delay. If the time delay is of concern, it can be compensated for by shifting the demodulated EMG signal backwards in time relative to other recorded signals before analysis, as we did.
Single solution. We were able to construct filters with responses similar in magnitude to our new modified Bessel filter by cascading an elliptical filter and a low-Q notch filter, although this is not detailed in RESULTS. The transient response of this filter cascade was acceptable, as was the stop-band attenuation. However, we do not believe that use of cascading filters is an optimal solution, because the characteristics of two separate filters have to be understood in detail. In addition, a filter cascade does not make optimal use of filter hardware. For example, our cascade consisted of a seven-pole FDNR elliptical filter followed by the notch filter. In contrast, the entire modified Bessel filter was accommodated in a single seven-pole FDNR implementation.
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